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Abstract 
This paper proposes a novel solution to the interference 
cancellation problem in mobile Direct Sequence Code 
Division Multiple Access (DS-CDMA) systems. Con- 
ventional adaptive interference cancellation techniques 
rely on a training sequence to update the taps of an 
adaptive filter or Decision Feedback Equaliser (DFE). 
The strategy proposed in this paper replaces this con- 
ventional optimal filtering approach by one based on the 
principles of Adaptive Noise Cancellation (ANC). As op- 
posed to the conventional optimal filtering approach. the 
ANC approach exploits the cyclo-stationary properties 
of the multiple access interference, in order to model 
the interference generation process. Silent periods (c.f. 
voice activity factor) can be exploited to derive the in- 
terference model. This removes the need for a training 
sequence and associated system overheads. The scheme 
employs a Conjugate Matched Filter (CBIF) to generate 
an interference reference input to the adaptive noise can- 
celler. A preliminary investigation of the performance of 
the proposed scheme is undertaken. The .4NC scheme 
is shown to have a significantly better performance than 
the conventional receiver and the DFE in the multiple 
access interference limited environment. It is shomn that 
the scheme can be extended to provide blind interference 
cancellation in the case of acute near-far conditions. 
1 Introduction 
The multi-user interference in a mobile Direct Sequence 
Multiple Access (DS-CDMA) system is cyclo-stationary. 
It is imperative that this highly structured nature of the 
interference be exploited to  model the interference gen- 
eration process to a high degree of accuracy. If the in- 
terference generator is successfully characterised. it can 
be used to regenerate the interference which can then 
be cancelled from the original signal. Existing adaptive 
interference cancellation techniques utilise a training se- 
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qnence to update the taps of an adaptive filter or Deci- 
sion Feedback Equaliser (DFE) [l. 2). and do not exploit 
the cyclo-stationary properties of the interference to the 
full. The proposed scheme is based on the well known 
approach of Adaptive Noise Cancellation (.4NC) which 
is introduced below. 
Since the publication of the classic paper on the sub- 
ject by Widrow et al [3]. the principles of adaptive noise 
cancellation have found application in a variety of fields 
ranging from comniunications engineering to medical 
electronics. X block diagram for the basic .4NC scheme 
is Sh0~11 in figure 1. 
U.M*I . . . . . . . . . . . . . . . . . . , . . . . , . . , . , . , , , . , . . . , 
Figure 1: Adapt,ive Noise Cancellation 
A secondary input (also referred to as the reference in- 
put) is derived from a point in the noise field where 
the signal is sufficiently weak so as to  obtain an esti- 
mate of the noise in the primary input. In circumstances 
where .4NC can be applied, levels of interference rejec- 
tion which are difficult or impossible to  achieve using 
direct filtering methods are often attainable [3]. Pro- 
vided the desired signal is not present in any significant 
proportions in the secondary input, the adaptive filter 
will model the transfer function between the interfer- 
ence in the primary and secondary inputs, allowing can- 
cellation of the interference in the primary. The filter 
coefficients are adjusted to minimise the Mean Squared 
Error (MSE) based on the error e. which is given by 
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. l l ~  1 
= .sn(k) + n o ( k )  - 1 i t . - ( i ) .n l (k - t )  (1) 
t = l  
where s o ( k ) + r t o ( k )  is the kth priiiiary input. y(k) is the 
filter output. r i l ( k )  the reference signal input and w ( i ) .  
t.lie i t l i  filter tap of the M t;rp transversal filter. The 
SISE is then given by 
where E is the expectation operator. Under the ideal 
condition where the signal is uncorrelated with tlie noise 
in eitlier input the first term on the RHS of equation ( 2 )  
is not affected by the filtering procrss. and minimising 
the LISE is equivalent to minimising tlie second term on 
tlie RHS. From equation ( 2 )  it is clear that minimising 
tlie output power of the filter is equivalent to obtaining 
a Least Squares (LS)  estimate of the, signal s o ( k ) .  Tlie 
SISE is a quadratic function of the weight vector. and 
an iterative search technique call be used to  find the 
niiniiiium of the hyper-paraboloidal error surface. The 
Least hIean Square (L l IS )  or Recursive Least Squares 
(RLS) algorithms can be used to achieve this end. 
2 Application of ANC to DS-CDMA 
The application of the principles of A?;C to tlie interfer- 
ence caiicellatioii problem i n  DS-CD1I.A is motivated by 
the cyclo-stationary nat,ure of tlie interference. .it first 
sight there seenis to be very little siniilarity between the 
.UC case and the that of the single user receiver in 
DS-CDSIA. The noise is replaced by multi-user interfer- 
ence. However. the most significant difference between 
the two schemes is that a secondary interference source 
cannot be derived by using spatial displacement. The 
Signal to Interference Ratio (SIR) in t.wo spatially dis- 
placed receivers mill be very similar. Riving rise to  allnost 
coniplet,e cancellation of t.lie signal. 
It is proposed that tlie problem tw translated from 
the spatial (three diniensional) doniaiii to  the .Y, di -  
m.enszonal domain spanned by the code set being used 
(where iVc is the length of the codes). Tlie ideas used 
in tlie spatial domain are easily translated on a quali- 
tative basis. The vector represent.ing the desired user‘s 
code in 1Yc dimensional space can be interpreted as a 
look direction along wliich tlie energy level of the signal 
is at a maximum. This. in fact, describes the function of 
tlie Conventional Linear Correlation Receiver (CLCR). 
Any other direction will suffer atteiiuation of the signal 
to varying extents. In the limit, a direction orthogonal 
to the look direction. will not possess any signal conipo- 
nents. 
The analogy to the spatial case is now evident. and the 
problem can he rephrased in the code space as one of 
finding a look direction along which the desired signal 
is attenuated to a much greater extent relative to the 
interferiiig signals. .in interference estimate can then 
be obtained by matched filtering the received signal us- 
ing a filter matched to the chosen reference direction. 
This matched filter will be referred to as the Conjugate 
Matched Filter (CMF) from hereon. The CMF incorpo- 
rated into the proposed ANC receiver is shown in fig- 
lire 2. 
Figure ?: ASC using Conjugate Matched Filtering 
A simplistic solution to waveform choice for the CMF 
involves using a code which is not used by any of the 
users in tlie system. The CMF is then quasi orthogonal 
to roughly the same extent, bo all other codes. I t  follows 
t.hat the look dzrection chosen for the reference input, 
does possess interference contributions from the inter- 
fering transmissions as required. This strategy however, 
will result in signal leakage being significant especially 
for a small number of interferers since signal leakage 
will be of the same order of magnitude as the inter- 
ference components on .the secondary (reference) input. 
The restriction to  the binary alphabet for the ChlF tap  
values is unnecessary and an alternative approach for 
the derivation of the CSIF is proposed [4] in the next 
section. It is first instructive to  consider the impact of 
signal leakage on the success of an ANC based strategy. 
The requirement to  minimise signal leakage can be for- 
malised as follows. Denoting the primary and secondary 
input signals by .Yl and -Yz respectively. in the I domain 
.Yl(Z) = -~11(3)Rs(3)+-~f1(L)IV(L) (3)  
A-*(:) = M2(:)Rs(2j + -If2(2)2V(z) (4 )  
and 
where MI(:) and M ~ ( Z )  are the transfer functions of 
the niat.ched filter and CMF respectively. R s ( z )  is the 
I transform of the desired signal component in the re- 
ceived signal and A‘( :) is the : transform of the interfer- 
ing signal components in the received signal. For AKC 
to function satisfactorily the following must be satisfied. 
.1f2(:)Rs(i) = 0 or M 2 ( : ) R s ( z )  << .W~(Z).\-(:) 
(5)  
3 Derivation of the CMF 
The objective is clearly to  derive a filter which sup- 
presses the desired signal (thereby minimising signal 
SINGAPORE ICCSf94 
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leakage), relative to  the interfering signals. Such a filter 
can be derived empirically by adjusting the tap  values 
until the output of the filter in response to  an input 
consisting of random binary data  modulated by the de- 
sired spreading code, is minimised. The output of the 
filter should be minimised over a span of chip intervals 
equal to  the length of the adaptive filter. This objective, 
if achieved, will in addition help mitigate multipath ef- 
fects which can also be a source of signal leakage. Since 
a CMF which attenuates all phase shifts of the desired 
users code is unlikely to  be physically realisable, it would 
suffice to  minimise Over the first 5-10 chip offsets of the 
desired code. It follows that  the adaptive filter must 
be of similar length. The latter predetermines that the 
RLS algorithm must be used, because of its superior 
convergence characteristics for filters possessing a small 
number of taps. 
The minimisation is constrained by the condition that 
the filter t a p  values add up to  some constant value (e.g 
unity) thereby bounding the solution away from the all- 
zero case. The derivation of the constrained minimisa- 
tion is based on the method of Lagrange Multipliers. 
The constraint on the optimum tap  weights is written 
w,Hs = g (6) 
where g is a constant and s represents the constraint 
on the optimum tap  weight vector w,, e.g the all one's 
vector B = [I, 1, ..., lJT. The mean square value of the 
filter output can be written 
k=O i = O  
where a(.) is the input auto-correlation matrix. A cost 
function incorporating the constraint can be written 
where A is a forgetting factor which attributes less em- 
phasis to  older input samples. The gradient of the cost 
function is written 
M-1 
v k  (J) = 2 wj@(i - k )  + x's (9) 
i=O 
Setting the gradient to zero at  the minimum 
V k ( J )  = 0 
1 
2 
1 
2 
*@WO = --X's 
* W O  = --A'*s 
where * = a-'. Post-multiplying both sides by s 
taking the conjugate transpose 
1 
2 w,Hs = - - A S H 9 8  
(10) 
and 
Substituting from equation (6)! 
=.A=-('") sH*s 
Substituting from equation (12) in equat,ion (11) for the 
Lagrange multiplier, 
WO = g' ("") sH*s 
Given that the steepest descent algorithm for the itera- 
tive update of the tap weights can be written [5] 
Equations (9) and (12) may be substituted for the gra- 
dient and the Lagrange multiplier respectively, 
V ( J ( n ) )  = 2@w(n) -  - 
( s 2 s ) * S  
( s H  (u(n)uH(n))- 's  2g*s ) = 2u(n)uH(n)w(n) - 
But y(n) = wH(n)u(n) ,  and substituting from equation 
(16) in (14) yields the tap update recursion 
The recursion involves the repeated inversion of the ma- 
trix @(n) = u(n)uH(n),  where U is the vector of input 
samples. The Sherman-Morrison Formula can be em- 
ployed to perform this operatioo recursively. 
4 Exploitation of Voice Activity 
The sensitivity to signal leakage in the secondary in- 
put is a shortcoming of ANC solutions. Signal distor- 
tion, and a reduction in the maximum attainable noise 
cancellation arise as a result of signal leakage. In gen- 
eral, satisfactory performance can be obtained provided 
the SIR on the reference input is sufficiently low (typi- 
cally less than -40 dB), the reverse situation (high SIR) 
should be true on the primary input. The adverse ef- 
fects of signal leakage during training can be avoided 
by exploiting the voice activity factor in a DS-CDMA 
system. Many ANC schemes exploit quiet periods of 
the desired signal, to  adapt the taps of the filter. Voice 
data systems are particularly suited to this strategy due 
the fact that voice activity statistics show that a sin- 
gle user transmission is active (on average) only 40% 
of the time. This can be exploited on the forward link 
(at which this solution is targeted) where the base sta- 
tion has full control of frame transmission. Frames can 
be interleaved so that (as far as possible) no two sig- 
nals are silent during each training period (of the order 
of 50 symbols). The adaptation of filter coefficients is 
SINGAPORE ICCW94 
366 
0-7803-2046-8/94/$4.00 @1994 IEEE 
initiated when tlir voicr activity of the desired user is 
detrctrd t o  be low. On thc. reverse link where voice 
activitJ- caiinot be exploited effectively the traiuing se- 
queuce of conventional sclienies can be replaced by a zero 
e i i t~gy  transniissioit with rrsrilting savings in network- 
ing and synchronisat.ion overhead. U'hen convergence is 
achieved. the adaptation stops aut1 the filter coefficients 
are tizetl at  their hISE values. The filters then act sim- 
ply as a static intrrfereuce regeneration and cancellation 
circuit. Since tlie signal is uot present. during training 
leakage effects are uegligihle. 
5 Simulation Results 
The A S C  scheme is siniiilatc~d in a niobilc~ Rayleigh 
fading environnient , This provides a suitable platforin 
for an initial comparison of the receiver performance 
against the (CLCR). a standard decision feedback adap- 
tire interference canceller (DFE) and a finite sequence 
length decorrelator - using the Sliding IVindow Algo- 
rithm (SL\1-A4) [4. 61. Figure 3 depicts the interference 
rejectiou achieved by the ANC receiver algorithm for 
the relatively severe multiple access interference case of 
9 uscrs usiug a spreading factor of 63. During the train- 
ing or quite period ( the end of which is denoted by a 
vertical line on tlie trace). t.11~. upper plot shows tlie hISE 
between the interference in the primary input and that 
niodeled by the adaptive filter. The lower plot of figure 3 
shows the matched filter output for the same period of 
time and highlight~s the distortion due to  XIAI. Figure 3 
demonstrates the iuterference rejection properties of the 
ASC receiver very well. After a training sequence or 
quite period of 50 symbols a significant level of rejection 
is achieved. the adaption is then ceased and the filter 
tracks the desired user's signal envelope with a compar- 
atively low level of residual intrrfereuce. 
The BER performance of the A S C  scheme compared to 
that of the SLIVA. CLCR and DFE is shown in figure 4 
for varying numbers of users a t  25dB SNR. This figure 
shows that the .4NC scheme significantly outperforms 
the DFE [4] and the CLCR receivers, with the increase 
in performance being most significant a t  higher loading. 
However. The near-far resistance of the SLWA maintains 
a relatively flat BER curve. and in this respect pays for 
the increased level of complexity in a multiple access 
limited scenario. 
5.1 Blind Interference Cancellation 
A blind. low complexity interfertwt e cancellation strat- 
egy is the ultimate objective of research into near-far 
resistant single user detectors for DS-CDMA. By re- 
moving the requirenient for a silent period. tlie ANC 
scheme proposed can take the form of a completely blind 
scheme. The main difference froin the voice activity 
Figure 3: Interference Rejection Using XNC: 9 Users 
BER 
2 4 6 8 10 12 
No of Users 
Figure 4: BER Comparison of Adaptive Techniques at  
25dB SNR 
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based scheme is the presence of the desired signal dur- 
ing training, and the fact that  training should be per- 
formed continuously or a t  regular intervals in order to 
track the solution. In figures 5 and 6 Blind Interfer- 
ence Cancellation (BIC) is shown to work in concept 
using a simple near-far situation. A two user scenario is 
considered with interfering user having average energy 
40dB above that of the desired user (a Near-Far Ratio 
(NFR) of 40dB). The envelopes of the ANC-BIC, and 
matched filter outputs are shown in figures 5 and 6 re- 
spectively. The envelope of the desired signal is shown 
dashed. ANC-BIC is shown to  recover the desired sig- 
nal while the matched filter output is dominated by the 
interfering signal. 
At this stage of the research, the success of the BIC 
scheme is limited by the non-ideal behaviour of the 
CMF, which gives rise to significant signal leakage in 
the reference input. Sufficiently high NFR’s (low SIR’S) 
are hence required in order to achieve significant ini- 
provements in signal recovery. 
Figure 5: ANC-BIC Output: 40dB NFR 
Figure 6: Matched Filter Output: 40dB NFR 
6 Conclusions 
A novel solution to the problem of interference can- 
cellation in DS-CDMA systems based of the principle 
of adaptive noise cancellation has been proposed. The 
noise reference source, fundamental to the technique of 
ANC, is derived from a conjugate matched filter which 
utilises a signature waveform pseudo-orthogonal to all 
other users. The ANC scheme successfully rejects the 
multi-user interference from the system by exploiting 
its cyclo-stationary properties. BER performalice has 
been shown to be significantly better than the CLCR 
and DFE receivers in a multiple access liiiiited Rayleigh 
fading environn~ent. An iiirestigatioii of hardwarc ini- 
plementation issues for the CMF-ANC receiver is nu- 
dertaken in [?]. From an iniplementation point of view 
the scheme can exploit the voice activity factor. Fur- 
thermore it was shown that the schenie has poteiitial 
to be developed into a blind interference cancellation 
technique. It can be concluded that applying the ANC 
principles to the hlAI rejection problem ran yield a low 
complexity. near-far resistant receiver architecture for 
DS-CDMA systems. 
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